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ABSTRACT 
M O D E L I N G T H E S I G N A L P R O C E S S I N G O F A M U L T I - S O N A R 
S Y S T E M T O D E T E R M I N E I N T E R F E R E N C E S O L U T I O N S 
by 
Brian O'Donnell 
University of New Hampshire, May, 2009 
The quality of a multibeam echo-sounder sonar (ES) signal used in seafloor mapping 
is degraded by an interfering sidescan sonar (SS) signal. The ES and SS signals occur at 
approximately the same time, are in the same frequency band, and arrive from approxi-
mately the same direction. The ES signal is a 2 ms continuous wave pulse with a first null 
bandwidth of 1 kHz centered at 187.5 kHz. The interfering SS signal is an 8 ms linear 
frequency modulated chirp with a bandwidth of 2.5 kHz centered at 183 kHz. 
The presence and properties of the interfering SS signal are explained using a model of 
the ES signal processing. Model results as well as spatial and temporal frequency analysis 
of the recorded ES signal show that most of the interfering SS signal can be removed by zero 
phase filtering with a 10 tap boxcar filter. This additional filtering reduces the resolution 
of the multibeam echo-sounder system from 1.318 meters to 1.873 meters. Because this 
reduction in resolution is not acceptable, the design trade-offs of moving either the ES or 
SS frequency bands are discussed. 
Statistical analysis of seafloor detections, before and after the additional frequency fil-
tering shows that there is a difference between filtered and unfiltered detections that is 
dependent upon the angle of arrival. The unfiltered detections are on average between 0.4% 





The 7180 towfish, Figure 1-1, is a multi-sonar system designed by L3-Klein for the National 
Oceanic and Atmospheric Administration. It is a fisheries research towfish, used to inves-
tigate the relationship between seafloor acoustic backscatter measurements and essential 
fish habitat [1]. One potential method of establishing this connection is to invert seafloor 
acoustic backscatter measurements to sediment grain size. The grain size of sediment shows 
potential as an estimator of fish habitat [2]. Backscatter inversion requires knowledge of the 
angle of incidence of the acoustic echo as it reflects off of the seafloor [3]. This angle can be 
found from knowing the bathymetry at the area over which the backscatter is collected. On 
the 7180, a sidescan sonar (SS) is used to collect backscatter, and a multibeam echo-sounder 
(ES) is used to collect bathymetry. 
In addition to the SS and ES there is also a nadir augmentation sonar, an upward 
looking single beam echo-sounder, a downward looking single beam echo-sounder, and a 38 
kHz single beam downward looking sonar. Figure 1-2 is an illustration of the frequency 
spectrum assignments for all signals transmitted from the six sonars. 
The spectrum of the multibeam echo-sounder is adjacent to the sidescan sonar's spec-
trum for both of its transmit modes: Standard (STD), and Dual Transmission Resolution 
Enhanced (DTRE). Such close ES and SS spectral placement is noteworthy. The design of 
the 7180 chosen by L-3 Klein is one where the ES and SS signals overlap in angle of arrival 
and time of arrival, but not in frequency. As currently implemented, the ES and SS signals 
do overlap in frequency. 
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Figure 1-1: A Photograph of the 7180 Towfish. The ES transmit and receive arrays are the 
blue horizontal and vertical bars respectively. The SS transmit and receive arrays are the 
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Figure 1-2: 7180 Temporal Frequency Spectrum Assignments 
Figure 1-1 shows that the ES transmit array elements run lengthwise from fore to aft 
of the towfish. The port and starboard receive arrays run orthogonal to the transmit array 
but are mounted 40 ° up from nadir. The resulting beam pattern is a narrow beam in both 
2 
the fore-aft and athwartship directions. Receive array beamforming electronically steers 
this beam in the port and starboard directions, resulting in the measurement of a swath of 
seafloor that is parallel to the ES' receive arrays for every ping [4]. 
Figure 1-3 is an illustration of the port receive array geometry. 
Port 
Transducer 
^ N ^ Array 
Figure 1-3: Multibeam Echo-Sounder Port Receive Array Geometry 
The slant range, r, is calculated using an estimate of the two way travel time, r, and 
the speed of sound, c. 
CT fl.l) 
The angle of arrival relative to nadir, 6, is calculated using the mount angle, <p, and the 
angle of arrival relative to the broadside of the array 6 B • Values of 6 are denned as negative 
on the port side of the towfish. 9 B is negative for values of 9 between -40° and 0°. 
0 = -{9B + 4>) (1.2) 
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The altitude above the seafloor, z, and the across track distance, x, are then calculated 
using the following trigonometric relationships. 
z = rcos{6) (1.3) 
x = rsin(#) (1.4) 
In practice, angles of arrival are fixed by beam steering, and times of arrival are estimated 
using either the Weighted Mean Time (WMT) or Split Aperture Correlator (SAC) seafloor 
detection algorithms [5, 6, 7]. Equations 1.1 through 1.4 are then used to transform (t, 6) 
pairs into (x,z) pairs. These (x,z) pairs are typically corrected to account for refraction 
through the water column and position of the transducer arrays at each ping. 
In this thesis, data are corrected for roll of the towfish. Doing so is necessary because 
the roll significantly changes on a ping to ping time scale. Refraction of sound waves in the 
water column from a non-uniform sound speed profile is not corrected for. The absolute 
location of the seafloor is not critical to any of the conclusions reached, and the sound speed 
profile does not significantly change across any of the time scales for which multiple pings 
are compared. 
Overlap in frequency between the ES and SS signals necessitates their study. Figure 1-4 
is a plot of the ES and SS time domain waveform envelopes. The ES transmit waveform 
is nominally a square windowed 2 ms continuous wave (CW) pulse while the SS transmit 
waveform is an 8 ms frequency modulated (FM) pulse. The ES waveform is transmitted in 
the middle of the 8 ms SS waveform, centering the waveforms at the same point in time. 
An insufficiently sized capacitor bank in the ES transmit hardware results in the amplitude 
of the ES waveform decaying by 40% between the beginning and end of the CW waveform 
[8]. 
The ES and SS waveforms are converted to acoustic pulses by the transmit array. They 
reflect off of the seafloor as well as scatter off objects in the water column. The beam 
pattern of the ES receive array spatially overlaps with the beam patterns of the ES and 
4 
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Figure 1-4: Nominal ES and SS Time Domain Waveform Envelopes 
SS transmit arrays, thus the received ES signal is composed of the acoustic seafloor echoes 
of the ES and SS signals. Acoustic energy that reaches the ES receive array is converted 
back to voltages. The voltages on the receive array are sampled, basebanded and filtered, 
eventually being saved to disk at a rate of 6250 s^£njS • 
The ES port and starboard receive arrays are each composed of 60 elements. The half 
power beamwidth of the receive array, measured by L-3 Klein is 1.5° [8]. Equation 1.5 
solves for the half power beam width, Au\, of an array M elements long, at a separation 
of d meters between these elements, operating at a wavelength A [9]. The coefficient 0.886 
comes from making a small angle approximation when solving for the half power angle of 
the beam pattern. 
AMI = 0.886^— (rad) 
Md 
(1.5) 
For a 1.5° beam width, the spacing between elements is approximately 0.564A. All 
element spacings d in excess of 0.5A results in grating lobes. While Equation 1.5 assumes 
point source elements, grating lobes will still exist regardless of the beam patterns of each 
element. 
The ES receive array beamwidth of 1.5° increases as the beam is steered off nadir. The 
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main lobe half power beam width increases according to Equation 1.6, where ip is bearing 
angle relative to the broadside of the array [4]. This results in an increase from 1.5° at 
broadside to approximately 2° when steering + / - 4 0 0 relative to the broadside of the ES 
receive array. 
From these samples, angular power spectra are computed using FFT beamforming and 
are stacked in time to create beamformed images. Each FFT bin is its own computational 
"beam". Figure 1-5 is a beamformed image from samples of the port array. The strong 
signal in the form of a half parabola is the primary echo that has reflected off the seafloor. 
Observable in Figure 1-5 is the grating lobe predicted by an element spacing d>0.5\ as well 
as a multi-path return starting at approximately 0.165 seconds. The data taken have also 
had a time varying gain (TVG) applied to each of the channels so as to keep the signal 
strength approximately constant. 
Figure 1-6 is zoomed into the nadir return of this ping to clearly show that there are 
two distinct echoes. The first echo received is the ES echo. The second echo received is 
the SS echo. The separation in time between the ES signal and SS interference appears 
contradictory with the time domain waveform envelope descriptions. Section 3.5 explains 
why the ES signal processing creates a separation in time between the ES and SS echoes. 
While the two echoes are distinct for small angles of arrival, the SS interference still 
has an effect on the WMT and SAC seafloor detection algorithms. The SS interference 
predominantly causes seafloor detections to be deeper. 
Before the sonar system can be declared fully functional, a change to the system must 
be made that removes the SS interference. Errors in estimating seafloor depth result in 
errors in the inversion of backscatter to seafloor sediment size, which lead to a sonar system 
that cannot operate at its desired level of performance. 
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Figure 1-6: Port Array Beamformed Image, Zoomed in at Nadir. The first echo is the ES 
echo and the second echo is the SS echo. 
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1.2 Research Objectives 
The first objective of this research was to determine how the SS signal was interfering with 
the ES signal. The second objective was to use that knowledge to determine a method of 
preventing the SS interference. The third objective was to then quantify the performance 
of seafloor detection algorithms with and without removing the SS interference. 
1.3 Summary of Results 
In Chapter 2, the ES and SS signals are described by their angle of arrival, time of arrival, 
and temporal frequency content. The temporal frequency spectra of time windowed specular 
returns for both the ES and SS signals are computed. The SS interference non-intuitively 
exists in frequency bands both above and below the ES frequency band. 
Chapter 3 develops the ES signal processing model. It shows that SS interference in 
the frequency band below the ES spectrum is a result of excessively wide bandwidth of the 
anti-aliasing filter. Subsequent down-sampling aliases some interference power below the 
ES frequency band to a frequency band above it. 
In Chapter 4 it is shown that most of the SS interference can be removed by zero-phase 
filtering with a 10 tap boxcar filter. This filter reduces the resolution of the multibeam 
echo-sounder system from the designed value of 1.318 m to 1.873 m. The SS interference 
could also be removed by moving the ES transmit waveform away in frequency from all 
other 7180 signals at the expense of ES signal level. The loss of signal level is primarily 
from operating at a different frequency through the transmit and receive arrays. 
The effect of the SS interference on WMT and SAC seafloor detection algorithms is 
determined in Chapter 5. The SS interference causes the average seafloor detection to be 
between 0.8 m and 0.2 m deeper than seafloor detection after filtering. SS interference 
also causes an increase in detection uncertainty for angles of arrival between -10 ° and -30 ° 
where the interference is strongest. 
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C H A P T E R 2 
ES AND SS ECHO CHARACTERIZATION 
Estimates of the echo times of arrival are made with the WMT and SAC algorithms. 
An understanding of how WMT and SAC algorithm performance is affected by the SS in-
terference first requires an investigation of how the SS interference is manifested in different 
angular sectors. 
2.1 Interference in Time of Arrival Est imates 
Figure 2-1 is a beamformed image of a single ping. Black lines are plotted on top of time 
series of interest from four separate beams at 0° , -10°, -20°, and -30°. Figure 2-2 is the 
same image, zoomed in to a region containing just the time series of interest. 
Figures 2-3 through 2-6 are plots of time series of single beams at 0° , -10°, -20°, and 
-30°. As the angle of arrival increases, the separation between the ES and SS echoes 
decreases. This is especially problematic as the interfering SS echo power is only 8 dB or 
less than the ES echo power. Ambiguity in a single time series as to what portion of the 
echo is a ES energy, and what portion of the echo is SS energy is resolved by looking at the 
ES and SS echoes the beamformed image. 
While very tight time windowing can be applied for flat seafloors inside an angular swath 
of up to + / - 30 °, this is not a feasible solution for fixing interference problems because more 
of the receivable swath needs to be processed. 
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Figure 2-1: Port Array Beamformed Image. Four time series of interest, [0°, -10°, -20°, 
-30°], are denoted by black lines. 
-20 -10 
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Figure 2-2: Port Array Beamformed Image, Zoomed in at Nadir. Four time series of interest, 




Figure 2-3: Time Series From the 0° Beam. The ES echo occurs at approximately 0.1042 




Figure 2-4: Time Series From the -10° Beam. The ES echo occurs at approximately 0.1074 




Figure 2-5: Time Series From the -20° Beam. The ES echo occurs at approximately 0.1154 
seconds, the SS echo occurs at approximately 0.1208 seconds. 
0.13 
Time (s) 
Figure 2-6: Time Series From the -30° Beam. The ES echo occurs at approximately 0.1256 
seconds, the SS echo occurs at approximately 0.1310 seconds. 
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2.2 Temporal Frequency Spectra in Signal Beams 
As the data were collected over a flat seafloor, the nadir returns are specular. They have 
the smallest beam footprint and are the easiest to time window. Figure 2-7 is a beamformed 
image, zoomed in to show these features. The ES and SS time series used to compute the 
ES and SS frequency spectra are overlaid with black lines. Mathematical details of how the 
spectra are computed are contained in Section B.2 
Angle (degrees) 
Figure 2-7: Port Array Beamformed Image Zoomed in at Nadir Return. The time series 
in the -0.77° beam used to compute ES and SS frequency spectra are overlaid with black 
lines. 
Figure 2-8 is a time series plot of the data recorded from a beam at -0.77°. The main 
echo of the ES signal occurs between 0.1002 to 0.1037 seconds while the main echo of the 
SS signal occurs between 0.1053 to 0.1093 seconds. 
Figure 2-9 is a plot of the temporal frequency spectra computed from the time series of 
ES and SS echoes from the -0.77° beam. The ES echo bandwidth is primarily inside the 
+ / - 1 kHz band. SS echo bandwidth is primarily outside the ES band. The computed ES 
13 
and SS spectra suggest that SS interference outside of the +/- 1 kHz band can be removed 
through additional frequency filtering. It is important to note that some of the SS power 







Figure 2-8: Time Series From the -0.77° Beam. The time series used to estimate the ES 
spectrum is 0.1002 to 0.1037 seconds. The time series used to estimate the SS spectrum is 
0.1053 to 0.1093 seconds. 
Frequency (kHz) 
Figure 2-9: ES and SS Temporal Frequency Spectrum Computed From the Time Windowed 
Time Series From the -0.77° Beam 
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C H A P T E R 3 
MULTIBEAM ECHO-SOUNDER SYSTEM MODELING 
3.1 Model ing Motivat ion 
The ES signal processor is not capable of recording the received ES signal to disk after 
every signal processing operation. Because step by step results are needed to diagnose 
the interference problems, the ES signal processing is modeled. The effects of the signal 
processing on the ES and SS signals are computed separately. 
The signal processing model determines where each ES signal processing step distributes 
ES and SS power in the frequency spectrum. Model results reveal why the SS interference 
is occurring. Comparing spectral power in each of the locations predicted by the model to 
the spectral power of recorded data suggests where the model is incorrect and allows for an 
iterative refinement of the model. 
3.2 ES and SS Transmit Waveforms 
The ES transmit waveform is nominally a square windowed 2 ms CW pulse with a first null 
bandwidth of 1 kHz centered at 187.5 kHz. An insufficiently sized capacitor bank results in 
the amplitude of the ES waveform decaying by 40% between the beginning and end of the 
waveform. The SS transmit waveform is an 8 ms FM pulse with a positive linear chirp and 
a bandwidth of 2.5 kHz, centered at 183 kHz. Figure 3-1 is an illustration of the ES and 
SS frequency spectra. The SS upper frequency spectrum sidelobe is 30 dB below the main 













Figure 3-1: Models of the ES and SS Temporal Frequency Spectra Before Sampling 
3.3 How the E S Signal P r o c e s s i n g Affects the E S and SS Signals 
The received ES signal goes through a series of five signal processing operations before 
being recorded to disk. These operations are sampling and digitizing, basebanding, filtering 
through a low pass filter (LPF), down-sampling a first time at a ratio of 6:1, and then 
down-sampling a second time at a ratio of 4:1. 
Figure 3-2 is a block diagram of the ES signal processing as it is implemented in hard-
ware. Each of the signal processing steps is performed on the 60 port receive channels and 
the 60 starboard receive channels. The first four signal processing operations are imple-
mented in hardware aboard the 7180 towfish. The fifth is performed on a computer aboard 
the ship towing the 7180, immediately before data is saved to disk. The down-sampling is 
performed in two stages so that the data rate after the first down-sampling matches the 
data rate required by the communication link between the 7180 and the ship towing the 
7180 [8]. 
The signal processing model is based upon the signal flow implemented in the ES signal 
processing. Figure 3-3 is a block diagram of the signal processing model. The first and 
second signal processing steps are in the sample domain. The third and subsequent signal 
16 
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Figure 3-2: Block Diagram of the Towfish ES Signal Processing (60 channels per side) 
processing steps occur in the frequency domain. This is necessary because only the magni-
tude response of the ES Transmit Voltage Response (TVR) and ES Open Circuit Voltage 
Response (OCVR) have been measured. 
In the first signal processing step, the signal is sampled at 150 kHz. This shifts the ES 
frequency spectrum mainlobe down to 37.5 kHz and the SS frequency spectrum mainlobe 
down to 33 kHz. These frequency spectra are plotted in Figure 3-4. 
The second signal processing step shifts the two spectra down in frequency by 37.5 kHz 
(if) [10] i t n u s basebanding the ES signal and heterodyning the SS signal to -4.5 kHz. These 
frequency spectra are plotted in Figure 3-5. 
Figure 3-6 is the frequency spectra after the third signal processing step, low pass 
filtering and filtering using basebanded copies of the TVR and OCVR. The collective effect 
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Mm k J mM 
^ ^ ^ ^ ^ 
-30 
-40 -20 0 20 
Frequency (kHz) 
40 60 
Figure 3-4: Models of the ES and SS Frequency Spectra After Sampling at 150 kHz 
first null bandwidth. However, some spectral power, approximately 40 dB below the power 
of the ES mainlobe remains at frequencies less than -3.125 kHz. 
The fourth signal processing step is down-sampling, keeping one out of every six samples 
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Figure 3-6: Models of the ES and SS Frequency Spectra After Low Pass Filtering 
[11]. The frequency spectra after the first down-sampling stage are plotted in Figure 3-7. 
The fifth and final signal processing step is another down-sampling operation, keeping 
one out of every four samples. This down-sampling causes aliasing. The Nyquist frequency 
after down-sampling is 6.25 kHz. All of the remaining spectral power at frequencies lower 
than -3.125 kHz is aliased to a frequency band around 3 kHz. The frequency spectra after 
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Figure 3-8: Models of the ES and SS Frequency Spectra After 4:1 Down-Sampling 
3.4 C o n t r a s t i n g M o d e l e d a n d R e c o r d e d F r e q u e n c y S p e c t r a 
The ES and SS data frequency spectra calculated in Section 2.2 are compared to the ES 
and SS model spectra calculated in Section 3.3 in Figures 3-9 and 3-10. 
The ES model spectrum is artificially scaled such that the ES data and model spectra 
have the same magnitude at 0 Hz. The SS and model spectra are scaled by the same 
magnitude. 
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There are major inconsistencies between the data and model spectra. The model predicts 
ES sidelobes that are 10 - 30 dB lower than they actually are, and the model SS interference 
is 30 dB lower than the measured value. 
i 1 1 i i i i i i i . i 
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Figure 3-9: Data and Modeled ES Temporal Frequency Spectrum. The model predicts that 
the ES sidelobes will be 10 - 30 dB less than they actually are. 
3.4.1 Possible L P F Implementat ion Errors 
The huge inconsistencies between the model and recorded data temporal frequency spectra 
show that something occurred in the towfish signal processing that was not included in 
the model. The nature of the differences suggest that the LPF specified in L-3 Klein's 
documentation is not the LPF that was actually used when the data were collected. 
While it is not possible to know the exact specification of the filter that was used to 
collect the data, an educated guess can be made as to ways in which the filter may have 
been implemented incorrectly. If the bandwidth of one of these proposed filters is closer 
to the unknown filter that was used to collect the data, then the model spectra will match 
better with spectra computed from the data. 
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Figure 3-10: Data and Modeled SS Temporal Frequency Spectrum. The model predicts 
that interference should be 30 dB less than it actually is. 
bandwidth closest to the filter used when the data were collected. h\ [n] is the filter specified 
by L-3 Klein. It is a 128 tap Blackman filter cascaded with an interpolation filter. h,2[n] 
is a 128 tap Blackman filter with no interpolation filter. It was chosen because the coder 
implementing the filter might have forgotten to include the interpolation filter, ^ [ n ] is a 
64 tap Blackman filter cascaded with an interpolation filter. It was chosen because filters 
are often specified in powers of 2. A typo from 27 (128 tap) to 26 (64 tap) seems possible. 
These filters are more thoroughly defined in Appendix A. 
Figure 3-11 is a plot of the positive frequency spectra of all three filters. Multiplication by 
the interpolation filter decreases the magnitude of the sidelobes at the expense of increasing 
the mainlobe bandwidth. 
Filters h\[n] and /i2[n] both attenuate signals at 4 kHz by approximately 30 dB. There-
fore, removing the interpolation component of the filter has little effect on the power of 
signals at + / - 4 kHz. This shows that neither h\[n\ nor h2[n] are likely to be the filter that 
was used for data collection. Figures 3-12 and 3-13 are plots comparing the data spectrum 
with model spectra using /i3[n] instead of /ii[n]. Using /i3[n], the model and data spectra 
are in much closer agreement, and /i3[n], or a filter with a similar bandwidth are more likely 
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Figure 3-11: Positive Frequency Spectrum of Three Filters 
to have been used. The model is updated with filter hz{n] and the resulting spectra are 
analyzed in Figures 3-12 and 3-13. 
3.4.2 Addit ional ES Model Discrepancies 
The model and data frequency spectra in Figure 3-12 still differ in power by up to 10 dB. 
The remaining 10 dB error could be explained in part due to not knowing if hz\n] is the 
exact LPF implemented. The power discrepancy might be explained by an error in the TVG 
causing a non-uniform signal level over the time series used to compute the ES spectrum. 
3.4.3 Addit ional SS Model Discrepancies 
The model and data temporal frequency spectra in Figure 3-13 now agree more closely in the 
1 kHz to 3.125 kHz frequency band. The power discrepancy in the -1 kHz to 1 kHz frequency 
band is due to the tail of the ES echo overlapping into the SS echo. The difference in power 
in the -3.125 to 1 kHz band is due to inexact modeling of the SS signal. The frequency 
spectrum in this band is primarily determined by the rolloff rate of the positive sidelobe of 
the SS temporal frequency spectrum. L-3 Klein has provided no additional information on 
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Figure 3-12: Data and Updated Modeled ES Temporal Frequency Spectrum. The modeled 
ES spectral sidelobes are now at most 10 dB less than they actually are. 
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Figure 3-13: Data and Updated Modeled SS Temporal Frequency Spectrum. The modeled 
SS spectrum from 1 - 3.125 kHz is in general agreement with the data. 
3.5 ES and SS T ime of Arrival Separation 
The ES and SS echoes are both attenuated by the LPF. Because they are at different 
frequency bands they are affected by the filter differently. The ES echo is basebanded by 
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the ES signal processing into the passband of the LPF. As seen in Figure 3-14, at the edges 
of the ES first null bandwidth, the maximum attenuation from the filter is 0.1 dB. This 
filtering does not have much of an effect on the shape of the ES echo. 
The SS echo on the other hand is heterodyned by the ES signal processing to -4.5 
kHz. The SS echo contains different frequencies. The start of the SS signal at -5.75 kHz is 
attenuated by 15 dB while the end of the SS signal at -3.25 kHz is only attenuated by 4 dB. 
This results in the duration of the SS echo that overlaps with the ES echo being attenuated 
until it is no longer distinguishable from noise. 
ml 
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Figure 3-14: Frequency Spectrum of /i3[n]. Overlaid are a blue rectangle denoting the first 
null bandwidth of the ES spectrum and a red rectangle denoting the 3 dB bandwidth of 




4.1 Interference Mit igat ion Using Additional Temporal Filtering 
The ES and SS temporal frequency spectra computed from nadir echoes in Section 2.2 are 
plotted in Figure 4-1. Also plotted is the squared magnitude spectrum of the 10 tap boxcar 
filter. The squared spectrum is plotted because zero-phase filtering is used, a technique 
that creates a causal filter by filtering once in the forward direction, and once in the reverse 
direction. See Section B.3 for additional details on this filtering technique. 
Figure 4-1: ES and SS Temporal Frequency Spectra Plotted With 10 Sample Boxcar Filter 
Response 
ES spectral power is mainly contained within the + / - 1 kHz band while most SS spectral 
power is contained outside of this band. While it is not possible to filter out SS spectral 
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power inside the + / - 1 kHz band, a 10 tap boxcar filter can be used to filter out most 
of the SS power from the beamformed image. In deciding which filter to use, a 10 tap 
boxcar was chosen because filters with tighter bandwidths, or windowed filters, were em-
pirically observed to bias SAC detections. These filters decreased the slope of the phase 
measurements, biasing the zero crossing of the least squares phase fit. 
Angle (degrees) 
Figure 4-2: Port Array Beamformed Image Before Filtering 
Figures 4-2 and 4-3 are plots of beamformed images before and after the additional 
frequency filtering. The filtered beamformed image has very little visually detectable SS 
interference. The SS interference that was removed outside of the +/- 1 kHz band is done 
at the expense of reducing the ES bandwidth. This is significant because a decrease in 
bandwidth reduces the range resolution of the ES signal. 
Equation 4.1 shows how bandwidth is related to range resolution [12]. 5R is the range 
resolution, c is the speed of sound in water where a nominal 1500 m/s is used, and B is the 
-3 dB bandwidth of the spectrum of the ES main lobe. 
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Figures 4-4 and 4-5 are plots of the ES frequency spectrum main lobe before and after 
additional filtering. Table 4.1 summarizes the bandwidth and resolution of the ES spectrum, 
before and after filtering. While the reduced resolution is not acceptable, the additional 
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Figure 4-5: Filtered ES Temporal Frequency Spectrum Mainlobe (Bandwidth = 400 Hz) 
4.2 Moving the ES and SS Transmit Frequency Bands 
The ES and SS array configuration causes the signal received through the ES receive array 
to be composed of ES and SS echoes. The current design places the frequency bands so 
close together there is interference. Increased separation can be obtained by moving the 
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frequency bands of either the SS or ES signals. However, these changes have consequences 
for the sonar system's performance. 
4.2.1 Moving the SS 183 kHz Frequency Band 
The SS system operates in two different modes, Standard (STD) and Dual Transmission 
Resolution Enhanced (DTRE). STD uses just the 183 kHz band while DTRE uses both 
the 177 kHz and 183 kHz bands. Moving the SS STD and DTRE signals in the 183 kHz 
band to a different frequency would prevent SS interference problems. However, to operate 
in DTRE mode a specific ratio of distance between the fore and aft SS transmit arrays to 
the SS DTRE transmit frequency band separation must be maintained. It is not possible 
to move the 183 kHz band to a different frequency and maintain that ratio within the 
operational range of the SS system. 
The SS STD mode only requires transmission in one of the two spectral bands. Cur-
rently, the 183 kHz band is used. SS STD interference could be completely eliminated if the 
177 kHz band was used instead. This change would do nothing to affect the SS interference 
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Figure 4-6: Proposed Frequency Spectrum When Moving the SS STD Mode from 183 kHz 
to 177 kHz. 
30 
4.2.2 Moving the ES Transmit Frequency Band 
A principal consideration in moving the ES frequency is the effect upon the signal level 
caused by operating at a different point on the TVR and OCVR curves. Equation 4.2 is 
used to calculate the signal level decrease incurred by moving the ES transmit frequency 
away from 187.5 kHz, and is plotted in Figure 4-7 [8]. 
Signal Level Change = T V R + O C V R - T V R ( f = 187.5 kHz)-OCVR(f = 187.5 kHz) (4.2) 
190 200 210 
Frequency (kHz) 
250 
Figure 4-7: Change in the ES Signal Level at Different Frequencies Due to TVR and OCVR 
Moving the ES transmit frequency band away from the SS transmit frequency bands 
of 183 kHz and 177 kHz would prevent SS interference. The ES transmit frequency can 
be moved far enough away from the SS signals so that no temporal frequency filtering 
would need to be performed other than some low order filtering to prevent aliasing during 
down-sampling. 
A change to the ES transmit frequency affects both the ES transmit and receive beam 
patterns. The signal level is affected due to the Transmit Voltage Response (TVR) and 
Open Circuit Voltage Response (OCVR) characteristics of the transducers. The signal level 
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is also frequency dependent due to the frequency dependence of acoustic absorption in water 
which increases with frequency. 
The ES transmission frequency must be moved to a frequency band at which no other 
signals will interfere with its operation. So, the ES signal either needs to be moved above 
187.5 kHz, or somewhere below 172.5 kHz. 187.5 kHz is 4.5 kHz above the SS 183 kHz band 
while 172.5 kHz is 4.5 kHz below the SS 177 kHz band. Either frequency band is acceptable 
for only an interference mitigation perspective. However, moving the ES frequency above 




EFFECT OF SS INTERFERENCE ON BATHYMETRY 
5.1 Effects of Filtering on Beamformed Images 
The WMT and SAC algorithms estimate a time of arrival for each beam time series in a 
beamformed image. The WMT algorithm estimates a time of arrival by computing the 
center of mass of the echo. The SAC algorithm estimates a time of arrival by computing 
when the echo wavefront is incident upon two overlapping sub-apertures, which are created 
from the full array. 
The time over which WMT calculations are calculated is limited in duration to prevent 
multi-path returns and water column scatterers from biasing the WMT time of arrival 
estimates. Figure 5-1 is a beamformed image. Overlaid on the image are plots of the upper 
and lower ranges of the time window. 
Figure 5-2 is a plot of the unfiltered port array angular power spectrum with WMT 
detections overlaid. When the ES signal is strong, and the SS interference is weak, the 
interference has little effect on WMT detections. When the SS interference is of comparable 
power to the ES signal, the SS interference biases detections deeper. 
Figure 5-3 is a plot of the filtered port array angular power spectrum with filtered WMT 
detections overlaid on top. The SS signal has been attenuated so heavily through filtering 
that it is almost indistinguishable from noise. The WMT algorithm accurately detects the 
center of mass of the ES echo. The ES transmit array beam pattern results in some areas of 
the swath being ensonified more than others. Detections in the direction of these nulls are 
not an accurate representations of the seafloor. In Figure 5-3, this is seen in two angular 
sectors around -17°, and -10°. 
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Figure 5-2: Unflltered Port Array Angular Power Spectrum and Plot of WMT Detections. 
Strong SS interference biases WMT detections deeper. 
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Angle (degrees) 
Figure 5-3: Filtered Port Array Angular Power Spectrum and Plot of WMT Detections. 
WMT detections estimate the center of mass of the ES echo, except at the ES transmit 
beam pattern nulls. 
5.2 Statistical Effects of Interference 
The WMT estimates are computed on data before and after zero-phase filtering with the 10 
tap boxcar filter. The SAC estimation algorithm necessitates that the noisy I & Q samples 
be filtered before computing the phase difference [13]. Coincidentally, zero-phase filtering 
with the 10 tap boxcar filter removes enough noise for the SAC algorithm to work correctly. 
While WMT detections can be analyzed before and after filtering, the only SAC detections 
that can be analyzed are filtered ones. 
Unfiltered WMT, filtered WMT, and SAC detections for 300 pings are computed. The 
means and variances of the depth estimates in 1 ° bins are calculated and analyzed. WMT 
detections are computed for bins from -75° to 0° , while SAC detections are computed from 
bins from -75° to -10°. In practice WMT returns are used for specular detection as phase 
can not be resolved [5]. 
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The angular power spectrum and the estimates of the seafloor are corrected for roll, 
but not for refraction. Angles represent angles of acoustic echo arrival, not angles to the 
seafloor. Averaging takes place across 300 consecutive pings (approximately 4 minutes). In 
this time scale neither the towfish altitude nor the sound speed profile have significantly 
changed, so averaging across 1 ° bins is still an averaging of echoes from the same across 
track distances below the towfish. 
Figure 5-4 is a plot showing unfiltered WMT detections, filtered WMT detections and 
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Figure 5-4: Mean of WMT and SAC Detections 
There are three differential depths that can be calculated from the means. Figure 5-5 
is the difference between the unfiltered and filtered WMT detections. Positive numbers 
correspond with the unfiltered WMT detections that are deeper than the filtered ones. The 
mean depth difference is largest in the -30 ° to -10 ° band. In this range of angles of arrival 
the interference is strong, and the difference between the time of arrival of the ES and SS 
echoes is largest. At smaller angles of arrival there is not as much SS interference power, 
and at larger angles of arrival the difference between the ES and SS echo times of arrival 
are not as large. In both of those cases the interference has less of an effect on the depth 
estimates. 
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Unfiltered WMT detections 
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Figure 5-5: Depth Difference Between the Unfiltered WMT Detection Mean and the Filtered 
WMT Detection Mean 
Figure 5-6 is a plot of the mean depth differences between the unfiltered WMT detections 
and the the SAC detections. The interpretation of Figure 5-6 is roughly the same as that 
of Figure 5-5. SAC detections are also principally affected by separation in time of arrival 
between the ES and SS echoes as well as the relative power of the echoes. 
Figure 5-7 is a plot of the mean depth differences between the filtered WMT detections 
and the SAC detections. The filtered WMT detections are around 0.15 m deeper than 
the SAC detections. The likely cause of this is that WMT detections estimate the time of 
arrival as the center of mass of the echo which does not always correspond to the maximum 
response axis of the beam, hence the direction of arrival and time of arrival are not well 
matched. 
Figure 5-8 depicts a plot of the standard deviation of each detection method as a function 
of angle of arrival. The standard deviation is atypically large at nadir, reaching a minimum 
around -30 °. While it is unexpected that the minimum standard deviation is not -40 °. Not 
correcting for refraction can explain some of this 10 ° difference 
Figure 5-9 is the roll of the towfish at each of the 300 pings used in the statistical 








Figure 5-7: Depth Difference Between the Filtered WMT Detection Mean and the SAC 
Detection Mean 
signal level as detections at nadir are approximately 45 ° off broadside of the ES receive 
array while detections at -80 ° are only 35 ° off broadside of the ES receive array. Additional 
uncertainty in the detections around nadir comes from the ES transmit beam pattern nulls 
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Figure 5-9: Roll of the Towfish vs. Ping Number for 300 Pings 
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C H A P T E R 6 
CONCLUSION 
Data collected by the ES was shown to contain interference from the SS. Analysis of 
beamformed images of this data shows that ES and SS echoes overlap in time of arrival. The 
interference causes estimates of seafloor depth to be biased deeper than the true seafloor 
depth. 
The model of the echo-sounder signal processing shows that SS interference exists in 
spectral bands above, and below the ES signal. The SS interference in the spectral band 
below the ES signal exists because of the close frequency placement of the two signals as 
well as insufficient anti-alias filtering. The SS interference in the spectral band above the 
ES signal exists because some of the SS interference below the ES signal gets aliased above 
the ES signals on the second down-sampling operation. 
There are two ways in which the SS signal interferes with the ES. The first occurs 
before any signal processing and is a result of the ES and SS signal characteristics. The 
SS frequency spectrum sidelobes overlap with the ES frequency spectrum mainlobe. The 
second occurs in the final signal processing step because SS spectral power outside of the 
final Nyquist frequency is aliased above the ES frequency spectral band. 
Modeled ES and SS spectra were compared to the spectra computed using time win-
dowed nadir echoes. This has shown that the specified filter was not likely used to collect 
the data, and that a 64 tap Blackman filter multiplied by an interpolation filter is a more 
accurate representation of the filter used. 
SS interference can be reduced by zero-phase filtering the data with a 10-tap boxcar 
filter. This filtering operation reduces the range resolution of the ES signal from 1.318 
meters to 1.873 meters. This decrease in range resolution is not acceptable, so additional 
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changes that would move the ES or SS transmit frequencies were discussed. Moving the 
ES transmit frequency is one option, but doing so reduces the ES signal level because the 
new operating frequency will not be at the resonant frequency of either the ES transmit or 
receive transducers. 
Statistical analysis of seafloor detections before and after the additional frequency filter-
ing shows that filtering affects seafloor detections. The effect of the filtering is dependent 
upon the angle of arrival. The unfiltered detections are on average between 0.8 and 0.2 
meters deeper than the filtered detections. These errors are between 0.4% and 1.6% of the 




A P P E N D I X A 
SIGNAL PROCESSING MODEL 
ES and SS signals are temporally bounded by square windows, modeled using the rect-
angle function, II(i) [14]. The rectangle function is denned by Equation A.l and illustrated 
in Figure A-l. 
n(t) = { 1 |£| < 0.5 s 



















Figure A-l: Rectangle Function 
To bound signals of specific duration and starting time, the rectangular function is time 
shifted and time stretched. Equation A.2 is a time shifted and stretched rectangle function. 
Parameter c is the time offset of the window, and b is the duration of the window. Equation 






















Figure A-2: Rectangle Function Time Shifted and Stretched 
The ES and SS signal waveforms are referenced to the start of the SS waveform, to. The 
ES signal is a 2 ms signal (frgs = 2 x l 0 - 3 s) centered at 4 ms after to {CES = £o + 4 x l 0 - 3 s). 
The SS signal, an 8 ms signal (bss = 8 x l 0 - 3 s) also centered 4 ms after io (ess — io+4xlO - 3 
s). The ES signal exponentially decays to 60% between the start and end of the waveform. 
Equations A.3 and A.5 are the continuous-time models of the ES CW pulse and the SS 
positive linear FM chirp respectively. JES is 187.5 kHz. The time offset of 3 x 10~3 s forces 
the cosine to have unit magnitude at 3 ms. Equation A.6 describes the rate of change of the 
frequency of this chirp, fstart is 181.75 kHz, fstop is 184.25 kHz. The \ factor in Equation 
A.6 exists because instantaneous frequency is the derivative of phase. 
ES(t) = 
x n 
cos I 2-KJES 
't - (t0 -
t - (io + 3xl(T3) 
4xl(T3) 







SS(t) = cos 2vr /start + P(t — to) ( t - to ) jxn ' t - (t0 + 4x l0 -
3 ) ' 
8x10 - 3 
(A.5) 
a = 1 fstop - fstart 
P
 2 bss 
(A.6) 
The Sha function HI{t) [15] is used to model sampling of the continuous-time signals as 
well as sample rate changes of discrete-time signals. The Sha function is denned in Equation 
A.7. Its time scaled version is defined by equation A.8 and illustrated in Figure A-3. a is 
the down-sampling factor and Fs is 150 kHz. 
III(t)= £ 6(t- n (A.7) 
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Figure A-3: Time Scaled Sha Function Illustration 
Equations A.9 and A.10 are the sampled, discrete time ES and SS signals. The signal 
processing step is denoted by the subscript. Sampling at 150 kHz shifts the ES center 
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frequency from 187.5 kHz down to 37.5 kHz and the center of the SS spectrum from 183 
kHz down to 33 kHz. 
ESi [n] = ES(t)xIII(Fst) (A.9) 
SSi [n] = SS(t)xIII(Fst) (A. 10) 
Equations A.12 and A.13 are the ES and SS signals after the second signal processing 
step. Multiplying Equations A.9 and A.10 by Equation A.11 shifts the frequency spectra 
down by ^f. Since ^f is 37.5 kHz, the ES center frequency is basebanded, and the center 
of the SS spectrum is heterodyned to -4.5 kHz. 




(A.l l ) 
ES2[n] = ESM^shifM (A.12) 
SS2[n) = SS1[n}x<l>ahift[n] (A.13) 
The third and subsequent signal processing steps occur in the frequency domain. While 
both the ES and SS signals are filtered using a low pass filter, the ES signal is filtered by 
the TVR and OCVR, while the SS signal is filtered only by the OCVR 
The TVR characterizes the efficiency at which a voltage applied to the transducers 
is converted into acoustic pressure. The OCVR characterizes the efficiency at which an 
acoustic pressure is converted into a voltage. These efficiencies are frequency dependent. 
TVR and OCVR curves were obtained from L-3 Klein for 11 transducers in each of the 
ES transmit and receive arrays [8]. Figure A-4 depicts the 11 TVR curves and Figure A-5 
shows the 11 OCVR curves. 
The 11 TVR and 11 OCVR curves are averaged to determine a single representative 
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Figure A-4: 11 TVR Curves 
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Figure A-5: 11 OCVR Curves 
model. These average curves are normalized to 0 dB at 187.5 kHz. Figure A-6 is the 
representative TVR curve, and Figure A-7 is the representative OCVR curve. 
The LPF also frequency filters the ES and SS signals. The impulse response hi[n] 
described in Equation A. 16 is the LPF that L3-Klein says was implemented in the ES 
signal processor when the data were collected. It is a 128 tap Blackman filter cascaded 
with an interpolation filter [16]. /i2[n] is a 128 tap Blackman filter. Analysis in Chapter 3 
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Figure A-6: Average TVR Curve Centered at 187.5 kHz and Normalized to 0 dB at That 
Frequency 
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Figure A-7: Average OCVR Curve Centered at 187.5 kHz and Normalized to 0 dB at That 
Frequency 
the data. The SS sidelobe levels seen in the data suggest that a filter with a bandwidth 
similar to that of h^[n] was the filter used in the towfish when the data were collected. Each 
of the filters defined by Equations A. 16 - A.18 and are normalized to 0 dB for their DC 
response by dividing the output by the sum of their respective filter weights. 
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B[n,N] = 0.42-0.5 cos(2nn) N-l + 0.08 
cos (Aim) 
N-l (A.14) 
7[n, N] = 2.5 N 
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Equations A. 19 and A.20 represent the ES and SS signals in the frequency domain after 
the third signal processing step. In evaluating model results for the different filters, H(f), 
the Discrete Fourier Transform of either /ii[n], /12M, or /i3[n] is used. 
ES3(f) = ES2(f)xTVR(f)xOCVR(f)xH(f) (A.19) 
SS3(f) = SS2(f)xOCVR(f)xH(f) (A.20) 
Equation A.21 is the Fourier Transform Pair of the Sha function, while Equation A.22 
is the same pair using summation notation. 
'HWHHy/. (A.21) 
°
 n=—oo \ / m=—00 \ J 
(A.22) 
The fourth signal processing step is down-sampling at a ratio of 1:6. Equations A.23 
and A.24 are down-sampled using a time-scaled Sha function with the parameter a = 6. 
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ES4(t) = ES3(t) xIII ( ^  j (A.23) 
SS4(t) - SS3(t) xIII ( ^  j (A.24) 
Equations A.23 and A.24 can also be modeled in the frequency domain using Equations 
A.25 and A.26, where the * symbol denotes convolution. The approximation used is valid 
because only the spectral copies at m = 1 and m = — 1 will affect the spectral copy at 
m = 0. 
ES3(f) = ES4(f)*jrsIIl(y) 
^ Esjf - ^ ) + EsJA + Esjf + ^ -j (A.25) 
SS4(f)=SS3(f)*J-sIIlly) 
*SS4(f-^]+SS4(A+SS4(f + ^ -) (A.26) 
The fifth signal processing step is down-sampling at a ratio of 1:4. This is implemented 
using a Sha function with the parameter a = 24. While this keeps one out of every 24 
samples of the original signal, it keeps one out of every four samples relative to the fourth 
signal processing step. Equations A.27 and A.28 are the ES and SS signals after the fifth 
signal processing step. 
24 / 24 \ 
ES5(f) = ESA(f)*—ml-\ 
« ES4 ( / - § ) + ES* (A + ES4 (f + g ) (A.27) 
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24 / 24 
ss5(f) = sst(f)*—ni[y 
ss* f 24 + ssJA+ssJf + ^ (A.28) 
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A P P E N D I X B 
SPECTRAL ANALYSIS 
B.l Beamformed Images 
Angular spectra, Yr^s(km), are computed from array sample sequences, yn[m}, at single 
times, n, which are M = 60 samples long. km are the integer spatial frequencies. 






 M - l 
X ^2 w[m]yn[m]exp< -j2-n^m 
m=0 
ftr, (B.l) 
The sequence yn[m] is windowed using a 60 tap Hamming window to limit the effect 
of beamformer sidelobes on the seafloor detection algorithms. The angular spectrum is 
normalized by the sum of the window weights. 
/ 2^777- \ / 47T772 
w[m] = 0.54 - 0.46cos — — - | + 0.08cos | (B.2) M-lJ ' \M-1J 
The beamformer matrix, B, is an N x M matrix where the rows of the matrix are the 





- Y AS N 
Figure B-l: Rows of the Beamformer Matrix are the Angular Spectra 
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B = AS ..AS 0 •^Vn *^ i X. .AS •M 
Figure B-2: Columns of the Beamformer Matrix are the Beam Time Series 
The angular power spectra, Y^ps(km), are the magnitude squared angular spectra. 
Yn {km) — \Yn {km) rASl 
12 
(B.3) 
Integer spatial frequencies, km, are related to the FFT beamformed steering angle, 83, 
using Equation B.4. 
km = M 
dsin{6s) (B.4) 
B.2 Computing Spectra from Individual Beams 
In Section 2.2 the spectra of individual beams are computed. This is done first by time 
windowing an individual beam, x^s[n). 
XES [ri] = a*,; M n i <n<n\ + Nx (B.5) 
xss[n'] = x^[n] n2<n<n2 + N2 (B.6) 
Then, the frequency spectra of the the ES and SS time windowed beams are computed. 
Ni-l 











B.3 Additional Frequency Filtering 
Additional frequency filtering to remove SS interference is achieved through zero-phase fil-
tering using a 10 sample boxcar filter [17]. x£s[n] is the time sequence of integer beam 
number fcm from a beamformed image. In the first filtering stage, Equation B.9, the se-
quence x^s[n] is filtered in the forward direction through h[n]. In the second filtering stage, 
Equation B.10, the intermediate sequence xfemp[n] is time reversed and filtered through h[n] 
a second time. 
*
,C[n]=Xkm[n]*h[n] (B.9) 
^ * W = a;Sr[-n]*M«] (B.10) 
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